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(57) ABSTRACT

An audio beamforming apparatus includes a receiving circuit
(103) which receives signals from an at least two-dimensional
microphone array (101). A reference circuit (105) generates
reference beams and a combining circuit (107) generates an
output signal corresponding to a desired beam pattern by
combining the reference beams. An estimation circuit (109)
generates a direction estimate by determining angles corre-
sponding to local minima for a power measure of the output
signal in at least a first and respectively second angle interval.
The direction estimate is generated by selecting one of the
angles. The combining circuit (107) determines combination
parameters to provide a notch in an angle corresponding to the
direction estimate and a maximization of a directivity cost
measure where the directivity cost measure is indicative of a
ratio between a gain in the first direction and an energy
averaged gain.
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1
AUDIO BEAMFORMING

FIELD OF THE INVENTION

The invention relates to audio beamforming and in particu-
lar, but not exclusively, to audio beamforming using micro-
phone arrays substantially smaller than the wavelength of the
audio signals being beamformed.

BACKGROUND OF THE INVENTION

Advanced processing of audio signals has become increas-
ingly important in many areas including e.g. telecommunica-
tion, content distribution etc. For example, in some applica-
tions, such as hands-free communication and voice control
systems, complex processing of inputs from a plurality of
microphones has been used to provide a configurable direc-
tional sensitivity for a microphone array comprising the
microphones. Specifically, the processing of signals from a
microphone array can generate an audio beam with a direc-
tion that can be changed simply by changing the characteris-
tics of the combination of the individual microphone signals.

Typically, beam form algorithms seek to attenuate interfer-
ers while providing a high gain for a desired sound source. For
example, a beamforming algorithm can be controlled to pro-
vide a strong attenuation (preferably a null) in the direction of
a signal received from a main interferer.

For practical reasons it is desirable that the microphone
array is relatively small. However, when the wavelength of
the sound of interest is much larger than the size of the array,
many beamforming algorithms, such as additive delay-and-
sum beamforming algorithms, are not able to provide suffi-
cient directivity as the beamwidth deteriorates substantially
for such wavelengths.

One approach for achieving an improved directivity is to
apply so called superdirective beamforming techniques. Such
superdirective beamforming techniques are based on filters
with asymmetrical filter coefficients and the approach essen-
tially corresponds to subtraction of signals or determining
spatial derivatives of the sound pressure field. However,
although this may improve the directivity, it is also known that
this is achieved at the expense of robustness, such as increased
sensitivity to white (sensor) noise and an increased sensitivity
to mismatches in microphones characteristics.

In the article “Optimal Azimuthal Steering of a First-order
Superdirectional Microphone Response” by R. M. M. Derkx,
International Workshop on Acoustic Echo and Noise Control,
September 2008, Seattle, a system is analyzed which gener-
ates Higenbeams for a two dimensional microphone array.
The Eigenbeams are then combined to maximize the attenu-
ation of a single point interference source. In particular, a null
is located in the direction of a single point interferer while
maintaining a suitable gain for the desired direction.

However, although this approach provides improved per-
formance in many scenarios, it provides non optimal perfor-
mance in some practical scenarios. It also tends to require
relatively complex and resource demanding processing.

Hence, an improved approach for audio beamforming
would be advantageous and in particular an approach allow-
ing improved adaptation to current conditions and audio envi-
ronment, increased flexibility, facilitated implementation,
improved performance for different operating scenarios and/
or improved performance would be advantageous.

SUMMARY OF THE INVENTION

Accordingly, the Invention seeks to preferably mitigate,
alleviate or eliminate one or more of the above mentioned
disadvantages singly or in any combination.
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According to an aspect of the invention there is provided an
audio beamforming apparatus comprising: a receiving circuit
for receiving signals from an at least two-dimensional micro-
phone array comprising at least three microphones; a refer-
ence circuit for generating at least three reference beams from
the microphone signals; combining circuit for generating an
output signal corresponding to a desired beam pattern by
combining the reference beams in response to a first direction
of a desired sound source and a direction estimate for an
interfering sound source; an estimation circuit for generating
the direction estimate by: determining a first angle corre-
sponding to a local minimum for a power measure of the
output signal in a first angle interval, determining a second
angle corresponding to a local minimum for a power measure
of'the output signal in a second angle interval, and determin-
ing the direction estimate as an angle selected from a set of
angles corresponding to local minima for a power measure of
the output signal, the set of angles comprising at least the first
angle and the second angle; and wherein the combining cir-
cuit is arranged to determine combination parameters for the
combining of the reference beams to provide a notch in an
angle corresponding to the direction estimate and a minimi-
zation of a directivity cost measure, the directivity cost mea-
sure being indicative of a ratio between a gain in the first
direction and an average gain.

The invention may allow improved performance. In par-
ticular, an improved and/or facilitated adaptation to a current
audio environment can be achieved. The invention may allow
a beamforming approach which provides high performance
for both directional point interference cancellation and for
diffuse noise attenuation. The approach is particularly suit-
able for, and may provide particularly advantageous perfor-
mance for, systems wherein the wavelength of the audio
signals may be substantially larger than the size of the micro-
phone array.

The invention may allow low complexity implementation
and/or operation. The approach may be suitable for providing
improved directivity and may in particular be suitable for
scenarios wherein the size of the microphone array is much
smaller than a wavelength of interest.

In many embodiments and scenarios, the approach may
allow a null to be directed towards a single point interference
while substantially reducing diffuse noise. In particular, the
approach may in many scenarios allow a reduction of a single
point interference corresponding to or better than many prior
art interference reduction techniques, while at the same time
providing improved diffuse noise.

The approach may in many scenarios allow a low complex-
ity yet highly efficient and advantageous beam steering based
on low complexity parallel local minima extraction. In many
embodiments, the approach may ensure that at least one of the
identified local minima is also a global minimum and thus
may allow an efficient estimation of the angle of interference.

The reference beams may be non-adaptive and may be
independent of the captured signals and/or the audio condi-
tions. The reference beams may be constant and may be
generated by a constant/non-adaptive combination of the sig-
nals from the at least three microphones. The reference beams
may specifically be Eigenbeams or orthogonal beams.

The first angle interval and the second angle interval may
be disjoint intervals and may be adjacent intervals. The first
and second angle intervals may together cover the entire 360°
interval.

The interfering sound source may be an assumed interfer-
ing sound source. A direction estimate for a sound source may
be generated independently of whether the sound source is
present or not. Thus, even if no interfering point source is
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detected, the estimation circuit may generate the direction
estimate from the microphone signals under the assumption
that an interfering sound source is present.

In accordance with an optional feature of the invention, the
estimation circuit is arranged to select the direction estimate
as one of the first angle and the second angle in response to a
gradient of a power measure of the output signal as a function
of'the direction estimate for an angle separating the first angle
interval and the second angle interval.

This may provide a particularly efficient and low complex-
ity determination of the direction estimate. The angle may be
any angle between the first angle interval and the second
angle interval including the end points of one or both of the
angle intervals.

In accordance with an optional feature of the invention, the
first angle interval comprises angles from 0 to  and the
second angle interval comprises angles from & to 2.

This may provide particularly advantageous performance
and may in particular allow adaptation for all possible direc-
tions of the interfering sound source.

In accordance with an optional feature of the invention, the
estimation circuit is arranged to select the direction estimate
as one of the first angle and the second angle in response to a
gradient of a power measure of the output signal as a function
of the direction estimate for an angle of 7.

This may provide a particularly efficient and low complex-
ity determination of the direction estimate.

In accordance with an optional feature of the invention, the
combining circuit comprises a sidelobe canceller.

This may provide particularly advantageous performance
and/or practical implementation.

In accordance with an optional feature of the invention, the
sidelobe canceller is arranged to generate the output signal as
a weighted combination of at least a primary signal, a first
noise reference signal and a second noise reference signal.

This may provide particularly advantageous performance
and/or practical implementation. The primary signal may
correspond to a beam adapted in the direction of the desired
sound source and each of the reference signals may corre-
spond to beams adapted to cancel/reduce noise. The noise
reference signals may specifically have notches in the direc-
tion of the desired sound source.

In accordance with an optional feature of the invention, the
combining circuit is arranged to calculate weights for the first
and second noise reference signals in response to the direc-
tion estimate and maximization of the directivity cost mea-
sure.

This may provide a particularly advantageous performance
and/or low complexity implementation. In particular, the
weights may be determined as a function of the direction
estimate wherein the function is selected to maximize the
directivity cost measure.

In accordance with an optional feature of the invention, the
estimation circuit is arranged to determine at least one of the
first and second angles by a gradient search applied to a
sidelobe canceller corresponding to the sidelobe canceller of
the combining circuit and having an angle input variable.

This may provide a particularly advantageous performance
and/or low complexity implementation. In particular, a gra-
dient search may provide a highly efficient approach for iden-
tifying potential minima that may optimize the beamforming
operation. An efficient and low complexity adaptation of the
beamforming may be achieved which can reduce both diffuse
noise and reduce/cancel a single point interference.

In many embodiments both the first and single angle are
determined by a gradient search. The gradient search may be
performed using a sidelobe canceller operation which is iden-
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tical to the sidelobe canceller operation used to generate the
output signal but with a value of the angle input variable that
may be different than the phase value (the direction estimate)
used to generate the output signal (thus which can be varied
independently).

In some embodiments, a gradient search may be applied in
parallel in the two angle intervals using parallel sidelobe
canceller operations with independent angle input variables.
The output signal of the combining circuit may be selected as
the signal of the parallel sidelobe canceller corresponding to
the selected angle of the first and second angles.

In some embodiments, a sidelobe canceller corresponding
to the sidelobe canceller of the combining circuit may be used
to determine a gradient of a power measure of the output
signal for a given angle (specifically m) and the selection
between the first and second angle may be in response to the
gradient.

In accordance with an optional feature of the invention, an
update value for the angle input variable is determined as a
function of an output signal of the sidelobe canceller for a
current phase value of the angle input variable, and a first and
second noise reference signal of the sidelobe canceller for the
current phase value.

This may provide particularly advantageous performance
and/or facilitated implementation and/or operation.

In accordance with an optional feature of the invention, the
first and second noise reference signals are weighted as a
function of the current phase value.

This may provide particularly advantageous performance
and/or facilitated implementation or operation.

In accordance with an optional feature of the invention, the
estimation circuit is arranged to determine a power estimate
for at least one of the first and second noise reference signals
and to perform a normalization of the update value as a
function of the power estimate.

This may provide particularly advantageous performance
and/or facilitated implementation and/or operation.

In accordance with an optional feature of the invention, the
at least two-dimensional microphone array comprises at least
four microphones and the apparatus comprises a circuit for
combining signals from at least two of the at least four micro-
phones prior to generating the reference beams.

This may provide particularly advantageous performance
and/or facilitated implementation and/or operation. In par-
ticular, it may provide improved noise performance in many
scenarios.

In accordance with an optional feature of the invention, the
apparatus of further comprises the at least two-dimensional
microphone array, the at least two-dimensional microphone
array comprising directional microphones having a maxi-
mum response in a direction outwardly of a perimeter of the
at least two-dimensional microphone array.

This may provide particularly advantageous performance
and/or facilitated implementation and/or operation.

According to an aspect of the invention there is provided a
method of audio beamforming comprising: receiving signals
from an at least two-dimensional microphone array compris-
ing at least three microphones; generating at least three ref-
erence beams from the microphone signals; generating an
output signal corresponding to a desired beam pattern by
combining the reference beams in response to a first direction
of a desired sound source and a direction estimate for an
interfering sound source; generating the direction estimate
by: determining a first angle corresponding to a local mini-
mum for a power measure of the output signal in a first angle
interval, determining a second angle corresponding to a local
minimum for a power measure of the output signal in a second
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angle interval, and determining the direction estimate as an
angle selected from a set of angles corresponding to local
minima for a power measure of the output signal, the set of
angles comprising at least the first angle and the second angle;
and wherein the combining of the reference beams comprises
determining combination parameters for the combining of the
reference beams to provide a notch in an angle corresponding
to the direction estimate and a minimization of a directivity
cost measure, the directivity cost measure being indicative of
a ratio between a gain in the first direction and an energy
averaged gain.

These and other aspects, features and advantages of the
invention will be apparent from and elucidated with reference
to the embodiment(s) described hereinafter.

BRIEF DESCRIPTION OF THE DRAWINGS

Embodiments of the invention will be described, by way of
example only, with reference to the drawings, in which

FIG. 1 illustrates an example of a system for capturing
audio with an adaptable directional characteristic in accor-
dance with some embodiments of the invention;

FIG. 2 illustrates an example of a microphone configura-
tion for a microphone array;

FIG. 3 illustrates an example of Eigenbeams generated by
the system of FIG. 1;

FIG. 4 illustrates an example of a sidelobe canceller used in
the system of FIG. 1;

FIG. 5 illustrates an example of a cost function for adapting
the system of FIG. 1;

FIG. 6 illustrates an example of local minima for the cost
function of FIG. 5; and

FIG. 7 illustrates an example of local maxima for the cost
function of FIG. 5

FIG. 8 illustrates an example of a method for capturing
audio with an adaptable directional characteristic in accor-
dance with some embodiments of the invention.

DETAILED DESCRIPTION OF SOME
EMBODIMENTS OF THE INVENTION

FIG. 1 illustrates an example of a system for capturing
audio with an adaptable directional characteristic. The system
processes signals from a plurality of microphones to generate
a suitable desired beam pattern. The processing is specifically
adapted such that the generated output signal has substan-
tially improved noise and interference characteristics. The
system provides for a joint improvement in both single point
interference and diffuse noise performance. The system is
furthermore suitable for use in scenarios wherein the wave-
length of the signals is substantially longer than the dimen-
sions of the microphone array, i.e. than the distances between
the microphones.

The system processes the received microphone signals to
generate a set of constant non-adaptable reference beams.
These reference beams are then adaptively combined to gen-
erate adesired beam pattern. The combination is adapted such
that the resulting beam form is adapted to cancel or substan-
tially attenuate an assumed single point interference source
while at the same time minimizing or reducing the impact of
diffuse noise.

The system provides an efficient adaptive beamforming
where the main lobe can be steered towards the direction ofa
desired sound source while adapting the directional pattern
such that a point interferer from another angle is eftectively
rejected and a substantially optimal rejection of diffuse (iso-
tropic) noise is achieved. The system of FIG. 1 specifically
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6

includes an adaptive null-steering scheme with multiple gra-
dient-estimates for adjusting the directivity pattern in such a
way that this effective rejection of noise and interference can
be achieved automatically.

The system of FIG. 1 comprises a microphone array 101
which is a two-dimensional microphone array. The micro-
phone array 101 comprises at least three microphones which
are not arranged in a single one dimensional line. In most
embodiments, the shortest distance from one microphoneto a
line going through two other microphones is at least a fifth of
the distance between these two microphones.

In the specific example, the microphone array 101 com-
prises three microphones which are spaced uniformly on a
circle as illustrated in FIG. 2.

Thus, inthe example a circular array of at least three (omni-
oruni-directional) sensors in a planar geometry is used. It will
be appreciated that in other embodiments, other arrange-
ments of the microphones may be used. It will also be appre-
ciated that for embodiments wherein more than three micro-
phones are used, these may possibly be arranged in a non-
planar geometry, i.e. the microphone array may be a three
dimensional microphone array. However, the following
description will focus on a three microphone equidistant cir-
cular array arranged in the azimuth plane.

The microphone array 101 is coupled to a receiving circuit
103 which receives the microphone signals. In the example of
FIG. 1, the receiving circuit 103 is arranged to amplify, filter
and digitize the microphone signals as is well known to the
skilled person.

The receiving circuit 103 is coupled to a reference proces-
sor 105 which is arranged to generate at least three reference
beams from the microphone signals. The reference beams are
constant beams that are not adapted but are generated by a
fixed combination of the digitized microphone signals from
the receiving circuit 103. In the example of FIG. 1, three
orthogonal Eigenbeams are generated by the reference pro-
cessor 105.

In the example, the three microphones of the microphone
array are directional microphones and are specifically uni-
directional cardioid microphones which are arranged such
that the main gain is pointing outwardly from the perimeter
formed by joining the positions of the microphones (and thus
outwardly of the circle of the circular array in the specific
example). The use of uni-directional cardioid microphones
provides an advantage in that the sensitivity to sensor noise
and sensor-mismatches is greatly reduced. However, it will be
appreciated that in other scenarios other microphone types
may be used, such as omni-directional microphones.

Denoting the responses of the three cardioid microphones
as respectively E.°, E.** and E.** and ignoring any
uncorrelated sensor-noise, the i’th cardioid microphone
response is ideally given by:

; 1 1 2i o
EZn3 - [5 + zcos(aﬁ - ?)sin@]e’“", with

2zf .
——sinf(x;cosp + y;sing),
¢

Wi =

where 0 and @ are the standard spherical coordinate angles:
elevation and azimuth, ¢ is the speed of sound and x, and y, are
the x and y coordinates of the i’th microphone.
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Using:

B 2in d v = rsi 2in
X; _rcos(qﬁ—T],an y; = rsi ¢_T]’
with r the radius of the circle we can write:

2in

2,
W= Lfsin@cos(—]r.
c 3

From the three cardioid microphones, the three orthogonal
Eigenbeams can be determined from:

En 11 1 E2
B2 o1 o

3
gr| lo vi —va | pee

P |

For wavelengths larger than the size of the array, the
responses of the Figenbeams are frequency invariant and
ideally equal to:

E, =l
E%(0,9)=cos ¢ sin 0

E;792(0,¢)=cos(¢-n/2)sin 0.

The directivity patterns of these Eigenbeams are illustrated
in FIG. 3.

The zero’th-order Eigenbeam Em represents the monopole
response corresponding to a sphere whereas the other Figen-
beams represent first order Eigenbeams corresponding to
double spheres as illustrated in FIG. 3. Thus, the two first
order Eigenbeams are orthogonal dipoles.

The resulting signals from each of the three Eigenbeams
are fed to a beamform circuit 107 which proceeds to adap-
tively combine these signals to provide a desired beam pat-
tern.

Specifically, by suitable combining the first order Eigen-
beams, a dipole can be steered to any angle ¢.. E.g. aweighted
summation of the orthogonal diagonals can be generated:

E*(0.9)=cos 0.E, (0.9)+sin .E7(©0.9),

where ¢, represents the desired angle for the resulting dipole.

The steered and scaled superdirectional microphone
response can then be constructed by combining the steered
dipole with the monopole, e.g. as:

E@®, §) = S[aEy + (1 - )EF 6, $)]

= S[e + (1 — @)cos(p — @5 )sind],

where a1 is a parameter for controlling the directional pat-
tern of the first-order response and S is an arbitrary scaling
factor (that can also have negative values).

Thus, the beamform circuit 107 can generate a suitable
beam pattern by a suitable combination of the reference
Eigenbeams. The beamform circuit 107 is arranged to gener-
ate a nominal (e.g. unity) gain in the direction of a desired
speaker coming from an arbitrary azimuthal angle ®=¢_. The
direction ofthe desired speaker is assumed to be known by the
beamform circuit 107. It will be appreciated that any suitable

10

15

20

25

30

35

40

45

50

55

60

65

8

way of determining a desired direction may be used without
detracting from the invention. For example, a fixed direction
may be used or e.g. a tracking algorithm for a desired speaker
or sound source may be used. It will be appreciated that many
different algorithms for determining a desired sound source
direction will be known to the skilled person.

The beamform circuit 107 is furthermore arranged to adapt
the beam such that the sensitivity to diffuse noise is mini-
mized and a notch is generated in an estimated direction of an
assumed interfering point source. The system of FIG. 1 is
specifically arranged to adapt the combination of the refer-
ence Eigenbeams such that the nominal gain is provided in the
desired direction, a notch is generated in the direction esti-
mated to correspond to a point source interference and with a
minimization of the diffuse noise under these constraints.
This is achieved by a highly efficient adaptation algorithm
which will be described in the following.

The beamform circuit 107 is specifically coupled to an
estimation circuit 109 which determines an estimate for the
direction to an assumed point source interference. Based on
the estimated direction, the beamform circuit 107 generates
combination parameters for the combination of the Eigen-
beams such that a notch (typically a null) is generated in the
estimated direction. However, the combination of three
Eigenbeams provides sufficient degrees of freedomto allow a
range of solutions to the constraint of providing a nominal
gain in a desired direction and a notch in an interference
direction. In the system, this additional degree of freedom is
used to improve the diffuse noise performance. This is spe-
cifically achieved by the combination parameters being
selected to maximize a directivity cost measure where the
directivity cost measure is indicative of a ratio between a
power/energy gain in the first direction and an average power/
energy gain. Specifically, the directivity cost measure may be
indicative of the gain in the desired direction relative to an
average gain of the resulting beam where the averaging is over
all angles in the azimuth plane (Le. from 0-27) or from all
directions in the three dimensions. Thus, the directivity cost
measure is a function which indicates the attenuation of
homogenous spatially diffuse noise (i.e. the same noise level
in all direction) provided by the beam pattern.

The estimation circuit 109 is specifically arranged to deter-
mine the estimated angle of an interference point by search-
ing for local minima of a power measure for the output signal.
Thus, the estimation circuit 109 seeks to minimize the power
of the output signal as this will correspond to the lowest
noise/interference. In some embodiments, the estimation may
only be performed when the desired sound source is inactive
(e.g. when a desired speaker is not speaking) but it will be
appreciated that this is not necessary for the minimization of
the power of the output signal to be an indication of optimal
noise/interference operation (specifically the presence of the
desired signal may introduce an offset to the power measure
but will not change the position of the minimum).

The estimation circuit 109 determines at least two local
minima by searching in at least two angle intervals. The two
angle intervals are typically disjoint, although in some
embodiments some overlap may occur. The local minima are
determined in the different angle intervals by a parallel pro-
cessing based on different angles. Specifically, the estimation
circuit 109 may copy the operation of the beamform circuit
107 and evaluate the resulting output signal for different
angles in the different angle intervals. The estimation circuit
109 may then select one of the angles that have been found to
correspond to a local minima for the output signals and the
selected angle is then used as the estimate for the assumed
single point interference source. The selected angle is then
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fed to the beamform circuit 107 which proceeds to perform
the combination such that a nominal gain is provided in the
direction of the desired source and a notch is provided in the
estimated direction of the main single point interference.
Furthermore, the combination uses weights that are selected
to further minimize the diffuse noise. This constraint is
imposed by the weights being selected to maximize directiv-
ity cost measure.

The estimation operation and adaptation is independent of
the actual noise and interference conditions and specifically is
independent of whether a significant single point interferer or
diffuse noise is present or not. However, the approach results
in very efficient performance across a wide variety of sce-
narios including scenarios with a dominant single point inter-
ference and no diffuse noise as well as scenarios with no
single point interference but substantial diffuse noise. Indeed,
the approach and underlying assumptions result in an opera-
tion that not only adapts to the specific characteristics of the
noise and single point interference characteristics but also
adapts to the type of noise/interference scenario that is expe-
rienced. This also reduces complexity and facilitates opera-
tion as there is no need to adapt the algorithm to the type of
audio environment being experienced. This also provides
increased flexibility and a wider application of the approach.

In the following, a specific example of the system of FIG.
1 will be described. In the example, the beamform circuit 107
implements a sidelobe canceller and the local minima are
determined using a gradient search within each angle interval.
Once the direction to the assumed single point interference
has been estimated, combination parameters in terms of the
weights applied to the noise reference signals are determined
under the constraint that the directivity cost measure is maxi-
mized.

FIG. 4 illustrates an example of a generalized sidelobe
canceller used in the system of FIG. 1. The two dipole refer-
ence beams are first combined to generate two dipoles which
are angled in the desired directions. The resulting dipoles are
then combined with the monopole to generate a primary
signal which corresponds to a beam directed towards the
desired audio source.

The primary response may be given by

— T
E,(0.0)-Fo TRy X.

where
1 0 0
Ry =| 0 cosps  sings
0 —sings cosgs
@
Fy=|(-a)|and
0
E, 1
X=5 E2(0, P =5 cospsing |.
ET20, ¢) singsing

The primary signal thus corresponds to the desired audio
signal but also comprises signals from undesired directions.
The impact of these sidelobes is reduced by generation of
noise reference signals which are weighted and subtracted
from the primary signal to generate the output signal.

Thus, the sidelobe canceller generates the noise reference
signals given by
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=B"R, X

[Erl ©. }
E, 6. ¢)

where B is a blocking matrix given by:

Ly
2
B=| 1
-z 0
2
0 1

It is noted that the noise-references are respectively a car-
dioid and a dipole response, with a null steered towards the
primary signal at azimuth ¢, and elevation 6=m/2.

The two noise reference signals are then weighted by
weights w, and w, before being subtracted from the primary
signal to provide the output signal. Thus, the overall beam-
pattern from the sidelobe canceller is given by:

E0.0)E,(0.0)-w,E,, (0.0)-w5E,,(0.0).

The beamform circuit 107 is arranged to generate a nomi-
nal gain, in the following a unity gain, in a desired angle ¢, and
a notch, specifically a zero, in the direction ¢,, of an assumed
single point interference determined by the estimation circuit
109.

With a unity gain in the direction of ¢, the weights required
to steer a zero towards the angle ¢,, can be calculated by
solving the equation:

E(/2.0)-m,E,,(0.4)-WE,,(0.)=0.

where ¢=¢,~¢,,.
Solving the equation yields:

B 2[a + (1 — @)cosg — wysing]

wp =

5

1 —cose

or alternatively:

my
a+ (1l —a)cosp — 7(1 —cosg)

wy = -
sing

As can be seen, the constraints of the unity gain and the
direction of the zero do not uniquely define the required
weights but provide an extra degree of freedom.

In the system, this degree of freedom is used to optimize
diffuse noise performance. In particular, the noise reference
weights are selected such that a directivity cost measure is
maximized.

A suitable directivity cost measure is given by:

4nEN w2, ¢5)

Q =
§ TP 20, psinddod s

Thus, the directivity cost measure represents a ratio
between the gain in the desired direction and the overall
(power) gain averaged over the entire sphere. It will be appre-
ciated that in other embodiments, the gain averaging may e.g.
only be in a two-dimensional plane such as the azimuth plane.
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For the response given by

E0, $) = S[aEy + (1 - )EF (6, )]

= S[e + (1 — @)cos(p — @5 )sind],

this can be shown to correspond to:

3

0= T 2avaad)

Inserting the output signal response given by:

EO9)=E,(0.0)-W,E,(0.0)- W2, (0.0),

and inserting the value of wl as given by:

2 + (1 — @)cosp — wysing]

w] =

1 —cose

in the directivity cost measure, and differentiating with
respect to w2 and setting the result to zero allows for the
minima of the directivity cost measure with respect to w2 to
be determined. Thus, the value of w2 for which the directivity
cost measure is maximized and thus the diffuse noise sensi-
tivity is minimized can be determined. This specifically
yields:

—sing(3cose + 1)
"= 3cos2p +2cosp — 5

With this value of w,, we can also compute w, as:

B 2(3acosp + S — 1)
= 3cosp+ 5

w_3cosgo+5'

Thus, w, and w, can be calculated such that a unity gain is
provided in the desired direction, a zero is formed in the
direction of an assumed interferer and the diffuse noise
attenuation is maximized under these constraints.

Thus, once the estimation circuit 109 has determined a
suitable angle estimate for the assumed point source inter-
ferer, the derived equations can be used to calculate suitable
weights that will also maximize the directivity cost measure
and thus optimize the diffuse noise performance.

Rather than using the previously derived equation forw , a
value compensated for the effect of the design parameter can
be used:

Wy = w; =2

-2
" 3cosp+5°

12

It can be shown that w, can then be derived from:

3wl +2)

5 L R T

Thus, the output signal y[k] is given by:
yik]=p [k]- 00\ [k]+2c)r [k]- V0, [k]r>[K],

10 with
-2
o
2Mk] = &, k1 - @5,
20

where is the estimate of the angle of the assumed undesired
interferer and ¢ is the angle of the desired audio source.
The estimation circuit 109 proceeds to determine the direc-
tion estimate by minimizing a power measure for the output
signal in different angle intervals.
Specifically, the estimation circuit 109 secks to maximize
the cost function given by:

J@)y=e{y* K]},

where denotes the expected value.

FIG. 5 illustrates some examples of this cost function for a
scenario wherein there is a single point interferer at the direc-
tion of ¢ equalto 1, 2 and 3 radians respectively (i.e. the angle
difference ¢ between the desired direction and the direction
between an actual interferer is 1, 2 and 3 radians respectively).
The cost function is shown as a function of the estimated
direction, i.e. as a function of the steering of the null per-
formed by the weights of the reference signals. FIG. 6 illus-
trate the cost function in the presence of noise which either
may be spherical (coming from all directions) or cylindrical
40 (coming from all directions in a two-dimensional plane). The
situation for spherical noise is shown by a full line and the
situation for cylindrical noise is shown by the dashed line.

Some observations can be made from FIG. 5. Firstly, it is
clear that in all situations, a notch (and specifically a null)
exists for the right estimate, i.e. when ¢=¢. However, it is clear
that whereas this null is indeed a local minimum for the cost
function, it is not the only local minimum. In particular, in
some cases local minima are found which do not correspond
to a null and in some cases other nulls exist. Thus, it can be
50 seen that merely determining the angle estimate by finding
local minima is not a sufficient approach.

This can further be seen in FIG. 6 which illustrates the local
minima of the cost function for different directions ¢ of an
actual point source interferer. Again, it can be seen that there
is a local minimum for the correct value (i.e. a minimum
exists ¢=¢ for as indicated by the diagonal line). However, in
addition it can be seen that at least one and possibly two other
local minima exist. For example, for an interferer at an angle
of'1 radian, a cost function minimum exists at the right value
60 of 1 radian but also at the wrong value of around 3.8 radians.

Furthermore, for an interferer angle between around 2 radians

to 4.3 radians, two wrong local minima exist.

However, a further observation is that the correct minimum

is always the only local minimum in the phase interval from

5 either 0 to m or from w to 2. Thus, for an interferer angle
within the interval of [0;mxt], the only local minimum in the
interval of [0;x] is the correct value. Similarly, for an inter-
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ferer angle within the interval of [mt;27], the only local mini-
mum in the interval of [m;27] is the correct value.

This realization is exploited in the system of FIG. 1. Spe-
cifically, the estimation circuit 109 is arranged to determine a
local minimum in the angle interval of [0;x] and a local
minimum in the angle interval of [mt;27]. Thus, the estimation
circuit 109 determines two angles for which the cost function
corresponding to the power of the output signal is minimized.
This approach ensures that one of the determined local
minima will correspond to the correct estimated angle.

The estimation circuit 109 then proceeds to select one of
the two estimated values as the estimated angle that is used to
control the beamforming by the beamform circuit 107. Thus,
one of the local minima is selected and used to calculate the
weights for the noise reference signals using the equations
that also optimize diffuse noise performance.

It will be appreciated that different criteria for selecting
between the determined local minima may be used. For
example, in some embodiments, a simple beamforming may
be applied to the microphone signals such that a beam is
formed in each of the two directions in order to measure the
interference level in those directions. The direction having the
highest level is then selected as it corresponds to the most
dominant interference.

However, in the specific example, the selection of the cor-
rect local minima is based on the gradient of the cost function
at a specific angle which separates the two angle intervals
(i.e., it is inbetween the two angle intervals and may specifi-
cally be an endpoint of one or both of the intervals). In the
specific example, the gradient at & is determined and is used
to select the appropriate local minimum. Specifically, if the
cost function has a negative gradient for then the local mini-
mum in the interval of [0;7] is selected and otherwise the local
minimum in the interval of [7;27] is selected. Indeed, it has
been found that such a selection provides a very reliable
indication of the correct local minima and thus provides a low
complexity but efficient selection approach.

Intuitively, it can be understood as follows. The directional
beam pattern for yields a cardioid response with only a single
null. The gradient of the cost function for therefore yields the
direction toward the true value of ¢. If the gradient is positive
the true value of ¢ lies in the interval [;27]. If the gradient is
positive, the true value of ¢ lies in the interval [0;7].

It should also be noted that in some embodiments, all the
local minima of the function may be determined and sepa-
rated into the two angle intervals. Indeed, in such an embodi-
ment, the detection of two local minima in one interval may
automatically lead to the selection of the other minimum (i.e.
the one in the other angle interval). This approach is based on
the realization that (as illustrated in FIG. 6), the correct local
minimum will be the only local minimum in the angle inter-
val. It will also be appreciated that this leads to the conclusion
that it is not necessary to identify more than one minimum in
each angle interval as any non-identified local minima will
inherently not be the correct minimum as it is in an angle
interval with more than one minimum.

In the system of FIG. 1, the determination of the local
minima is performed by performing a gradient search in each
angle interval.

Thus, the estimation circuit 109 performs a sidelobe can-
celling operation corresponding to that of the beamform cir-
cuit 107 while using an input angle value that is constantly
updated and biased in the direction that will reduce the cost
function. This approach will result in the angle variable end-
ing in a local minimum.
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Specifically, a steepest descent update equation for ¢ can be
derived by stepping in the direction opposite to the surface of
the cost function with respect to ¢:

QUi+ 1]=/K]-1V.ID),
with a gradient given by:

dsly [k}

~ 5

V@ =

and where 1 is the update step-size with O<u<I.
Inpractice, the mean value is not available and therefore an
instantaneous estimate of the gradient is used:

ay*[k]

VI@) = 5

by inserting the previously derived formulas for y[k] and
performing the derivation, this can be shown to lead to:

ay*[k]

9%
= 2y[kl(Xyri k] + Xar2 [K]),

Vi@ =

where

6sind(cosp — 1)
N=—

3cos?d — 18cosd — 17
X=—
N
N =9cos*@ + 21cos?p — Scosd — 25.

Thus, the update value for the angle input variable of the
gradient search is a function of an output signal of the side-
lobe canceller and of the first and second noise reference
signals.

In the above example, the update value is dependent on the
power of the noise references. In order to compensate for this,
the estimation circuit 109 may determine a power estimate for
one or both of the noise reference signals and normalize the
update value accordingly.

Accordingly, the following update equation for the gradi-
ent search may be used:

YN X r (k] + Xora [K])

plk+ 1] = k] + 2u— -
Pkl + Py k] +e

where € is a small value to prevent zero division and is the
power estimate of the i’th noise reference signal. This can
specifically be calculated by a recursive averaging:

B, [ 1 J=BL K] +(1-p)ri (K],
where [} is a suitable design parameter.

Thus, for each angle interval, the estimation circuit 109
operates a sidelobe canceller applied to the same signals as
the sidelobe canceller of the beamform circuit 107. However,
the sidelobe cancellers are operated based on an input angle
variable which corresponds to a current estimate of the angle
to the assumed point source interferer. The input angle vari-
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able is continuously updated using the gradient search
approach such that it will converge on the local minimum in
the angle interval.

The estimation circuit 109 then selects between the current
values of the input angle variables and uses this result as the
estimated angle for the assumed point source interferer. The
selection is based on the gradient of the cost function for an
input variable of . The estimation circuit 109 may specifi-
cally determine this by operating a further sidelobe canceller
process on the input signals but with a fixed angle value of 7.
Specifically, the estimation circuit 109 may continuously
evaluate the update value:

= 2y[k](Xyri k] + X2ra[K]),

for ¢=rt. The derived values may be averaged over time and
the sign of the averaged value (i.e. the gradient of the cost
function at =) is then used to select which of the angles
determined by the gradient searches is used.

It will be appreciated that whereas the previous discussion
illustrated the principle by referring to the use of four sidelobe
cancellers (one for the beamform circuit 107, one for each
gradient search, and one for determining the gradient at ),
this is merely used to illustrate the principle. Indeed, in many
embodiments, the same sidelobe canceller may be imple-
mented, e.g. as a subroutine, and used for the different pur-
poses and with different input angles.

It will also be appreciated that typically, the beamform
circuit 107 will not repeat a sidelobe canceller operation for
the estimated angle but will directly use the output signal
calculated for the selected angle when performing the esti-
mation.

In the example, the gradient search is arranged to re-ini-
tialize the gradient search if the value of the angle input
variable moves out of the corresponding angle interval. Spe-
cifically, a re-initialization of the gradient search may be
performed if the two gradient searches reach a scenario
wherein the both have angle values in the same angle interval.
For example, if during the gradient search in the [0;x] inter-
val, the updated angle value moves into the [m;27] interval
such that both gradient searches have current values within
this interval, the gradient search is re-initialized. The re-
initialization is specifically performed by resetting the value
of'the input angle variable of one of the two gradient searches
to aninitial value. The initial value may for example be a fixed
value such as the midpoint in the interval (i.e. /2 and 371/2).

From FIG. 6, we can see that the relevant quadrant for the
gradient search in the interval [0;7] is the lower-left quadrant.
For the gradient search in the interval [7;27], the upper-right
quadrant is relevant.

Next looking at the lower-left quadrant for the gradient
search in the interval [0;rt], we can see from FIG. 6 and FIG.
7 (showing respectively the minima and maxima of the cost
function) that a re-initialization within this interval would
only lead to a correct convergence ¢=¢ in case the re-initial-
ization would be done in the range [O;m], where n=~2.55.

When the re-initialization would be larger than m, there is
a risk that the gradient search again ends up in the wrong
quadrant, i.e. the upper-left quadrant. Especially when ¢ is
equal or close to zero, it is mandatory that re-initialization is
done in the range [0;n], where n=~2.55.
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Hence, for the re-initialization, it is safe to choose a mid-
point in the interval [O;n], (i.e. n/2), where 1=2.55.

A specific example of the approach that may be used is
illustrated in FIG. 8. In step 801, the parameter values are
initialized.

Step 801 is followed by step 803 wherein it is ensured that
(f) 1[Kk] is smaller than &)2[1(] (if not the two variable values are
simply swapped).

Step 803 is followed by step 805 wherein it is determined
if the two gradient searches have resulted in angle values,
$,[K], §,[k], in the same angle interval. If so, the appropriate
value is re-initialized to ensure there is one angle in each angle
interval.

Step 805 is followed by step 807 wherein the weights for
the noise reference signals, the resulting output signal and the
cost function gradients are calculated.

Step 807 is followed by step 809 wherein the new values
for the angle input variables, ¢,[k], §,[k], of the gradient
searches are calculated. Furthermore, the filtered cost func-
tion gradient at it is calculated.

Step 809 is followed by step 811 wherein the appropriate
angle value is selected based on the filtered cost function
gradient at 7.

Step 811 is followed by step 813 wherein the power esti-
mates for the noise reference signals used in the update value
determination are updated.

After step 813 the method returns to step 803 to process the
next sample.

A pseudo-code of an algorithm corresponding to FIG. 1
may be represented as:

Initialize 0 < ¢,[0] = 1/2, 70 < §,[0] < 27 — 1/2
Initialize V3 ,,,[0] = , P, [0] = r,? [0], P,,[0] = 1,°[0]
fork =0, «:do
if (@ [K] > ¢,[k]) then
swap(y[k], ¢,[k]).
end if
if (@[] > m) & ([k] > 1) then
Py[k] =mn/2.
end if
if (@, [k] = 1) & (¢o[K] = ) then
§,[k] = 27 - /2.
end if
fori=1,3:do
Wy = flcosyk])
W, = f{sing;[k], w,)
yIk] = p[k] - (W; + 2a)r [K] - Waro[K]
N =9 cos’@;[K] + 21 cos’p k] - 5 cos k] - 25
X = [6 sing,[k](cos;[K] - YN
X, = [3 cos?¢;[k] - 18 cos¢,[k] - 17]/N

3y < 20 K]+ Xona )
PSP, [k 4P, [kl +e
§nd for . L
Pi[k + 1] = mod(trunc(¢, [k], 1) + uVI(@y), 2t)
Qolk + 1] = mod(trunc(@[k], 1) + pVI(g,), 20)
Vi gulK+ 11 = BgraaV3 smlK] + (1 = Brad) VI(3)
if (V3 onlk + 1]) > 0) then
Pa[K] = @1[K] + ¢s.
els? .
P[K] = Qo [K] + 5.
end if
P, [k+ 1] = BB, [k] + (1 - P)r, k]
P, [k + 1] = BP,y[k] + (1 - p)r,’[k]
end for

In the specific example, the number of microphones in the
microphone array 101 corresponded to the number of refer-
ence beams (i.e. three). However, in some embodiments, the
microphone array may comprise more microphones than ref-
erence beams.
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Specifically the microphone array 101 may comprise at
least four microphones. The system may still only generate
three reference beams and may specifically be arranged to
combine signals from at least two microphones prior to gen-
erating the reference beams. Thus, the reference processor
105 may still only receive three input signals and generate
three reference beams from these. However, at least one of
these input signals may be generated by combining (and
specifically averaging or adding (e.g. by a weighted summa-
tion)) the signals from at least two microphones. Such an
approach may provide improved noise performance in many
scenarios as the level of uncorrelated noise may be averaged.
Furthermore, using more microphones on a particular area,
has the advantage that spatial aliasing will occur at a higher
frequency.

It will be appreciated that the above description for clarity
has described embodiments of the invention with reference to
different functional circuits, units and processors. However, it
will be apparent that any suitable distribution of functionality
between different functional circuits, units or processors may
be used without detracting from the invention. For example,
functionality illustrated to be performed by separate proces-
sors or controllers may be performed by the same processor or
controllers. Hence, references to specific functional units or
circuits are only to be seen as references to suitable means for
providing the described functionality rather than indicative of
a strict logical or physical structure or organization.

The invention can be implemented in any suitable form
including hardware, software, firmware or any combination
of these. The invention may optionally be implemented at
least partly as computer software running on one or more data
processors and/or digital signal processors. The elements and
components of an embodiment of the invention may be physi-
cally, functionally and logically implemented in any suitable
way. Indeed the functionality may be implemented in a single
unit, in a plurality of units or as part of other functional units.
As such, the invention may be implemented in a single unit or
may be physically and functionally distributed between dif-
ferent units, circuits and processors.

Although the present invention has been described in con-
nection with some embodiments, it is not intended to be
limited to the specific form set forth herein. Rather, the scope
of the present invention is limited only by the accompanying
claims. Additionally, although a feature may appear to be
described in connection with particular embodiments, one
skilled in the art would recognize that various features of the
described embodiments may be combined in accordance with
the invention. In the claims, the term comprising does not
exclude the presence of other elements or steps.

Furthermore, although individually listed, a plurality of
means, elements, circuits or method steps may be imple-
mented by e.g. a single circuit, unit or processor. Additionally,
although individual features may be included in different
claims, these may possibly be advantageously combined, and
the inclusion in different claims does not imply that a com-
bination of features is not feasible and/or advantageous. Also
the inclusion of a feature in one category of claims does not
imply a limitation to this category but rather indicates that the
feature is equally applicable to other claim categories as
appropriate. Furthermore, the order of features in the claims
do not imply any specific order in which the features must be
worked and in particular the order of individual steps in a
method claim does not imply that the steps must be performed
in this order. Rather, the steps may be performed in any
suitable order. In addition, singular references do not exclude
a plurality. Thus references to “a”, “an”, “first”, “second” etc
do not preclude a plurality. Reference signs in the claims are
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provided merely as a clarifying example shall not be con-
strued as limiting the scope of the claims in any way.
The invention claimed is:
1. An audio beamforming apparatus comprising:
a receiving circuit for receiving signals from an at least
two-dimensional microphone array comprising at least
three microphones;
a reference circuit for generating at least three reference
beams from the microphone signals;
combining circuit for generating an output signal corre-
sponding to a desired beam pattern by combining the
reference beams in response to a first direction of a
desired sound source and a direction estimate for an
interfering sound source;
an estimation circuit for generating the direction estimate
by:
determining a first angle corresponding to a local mini-
mum for a power measure of the output signal in a first
angle interval,

determining a second angle corresponding to a local
minimum for a power measure of the output signal in
a second angle interval, and

determining the direction estimate as an angle selected
from a set of angles corresponding to local minima for
apower measure of the output signal, the set of angles
comprising at least the first angle and the second
angle; and

wherein the combining circuit is arranged to determine
combination parameters for the combining of the refer-
ence beams to provide a notch in an angle corresponding
to the direction estimate of an interfering point source
and a maximization of a directivity cost measure of the
interfering point source, the directivity cost measure
being indicative of a ratio between a gain in the first
direction and an average gain.

2. The apparatus as claimed in claim 1, wherein the esti-
mation circuit is arranged to select the direction estimate as
one of the first angle and the second angle in response to a
gradient of a power measure of the output signal as a function
of'the direction estimate for an angle separating the first angle
interval and the second angle interval.

3. The apparatus as claimed in claim 1, wherein the first
angle interval comprises angles from 0 to w and the second
angle interval comprises angles from t to 2.

4. The apparatus as claimed in claim 3, wherein the esti-
mation circuit is arranged to select the direction estimate as
one of the first angle and the second angle in response to a
gradient of a power measure of the output signal as a function
of' the direction estimate for an angle of 7.

5. The apparatus as claimed in claim 1, wherein the com-
bining circuit comprises a sidelobe canceller.

6. The apparatus as claimed in claim 5, wherein the side-
lobe canceller is arranged to generate the output signal as a
weighted combination of at least a primary signal, a first noise
reference signal and a second noise reference signal.

7. The apparatus as claimed in claim 6, wherein the com-
bining circuit is arranged to calculate weights for the first and
second noise reference signals in response to the direction
estimate and a maximization of the directivity cost measure.

8. The apparatus as claimed in claim 5, wherein the esti-
mation circuit is arranged to determine at least one of the first
and second angles by a gradient search applied to a sidelobe
canceller corresponding to the sidelobe canceller of the com-
bining circuit and having an angle input variable.

9. The apparatus as claimed in claim 8, wherein an update
value for the angle input variable is determined as a function
of an output signal of the sidelobe canceller for a current
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phase value of the angle input variable, and a first and second
noise reference signal of the sidelobe canceller for the current
phase value.

10. The apparatus as claimed in claim 9, wherein the first
and second noise reference signals are weighted as a function
of the current phase value.

11. The apparatus as claimed in claim 9, wherein the esti-
mation circuit is arranged to determine a power estimate for at
least one of the first and second noise reference signals and to
perform a normalization of the update value as a function of
the power estimate.

12. The apparatus as claimed in claim 1, wherein the at
least two-dimensional microphone array comprises at least
four microphones, and the apparatus comprises a circuit for
combining signals from at least two of the at least four micro-
phones prior to generating the reference beams.

13. The apparatus as claimed in claim 1, wherein said
apparatus further comprises the at least two-dimensional
microphone array, the at least two-dimensional microphone
array comprising directional microphones having a maxi-
mum response in a direction outwardly of a perimeter of the
at least two-dimensional microphone array.

14. A method of audio beamforming comprising:

receiving signals from an at least two-dimensional micro-

phone array comprising at least three microphones;
generating at least three reference beams from the micro-
phone signals;
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generating an output signal corresponding to a desired
beam pattern by combining the reference beams in
response to a first direction of a desired sound source and
a direction estimate for an interfering sound source;
generating the direction estimate by:
determining a first angle corresponding to a local mini-
mum for a power measure of the output signal in a first
angle interval,
determining a second angle corresponding to a local
minimum for a power measure of the output signal in
a second angle interval, and
determining the direction estimate as an angle selected
from a set of angles corresponding to local minima for
apower measure of the output signal, the set of angles
comprising at least the first angle and the second
angle; and
wherein the combining of the reference beams comprises
determining combination parameters for the combining
of the reference beams to provide a notch in an angle
corresponding to the direction estimate and a maximi-
zation of a directivity cost measure, the directivity cost
measure being indicative of a ratio between a gain in the
first direction and an energy averaged gain.
15. A non-transitory computer readable storage medium
encoded with a computer program having steps for causing a
processor to carry out the method of claim 14.
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